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ELECTRONIC COMPONENT ALLOWING THE DECODING OF SATELLITE 

DIGITAL TELEVISION SIGNALS 

PRIORITY CLAIM 

[1] The present application claims priority from French Application for Patent No. 03 
04040 filed April 1, 2003, the disclosure of which is hereby incorporated by reference. 

BACKGROUND OF THE INVENTION 
Technical Field of the Invention 

[2] The present invention relates to the decoding of radiofrequehcy transmission 
channels conveying coded digital information. The invention thus applies advantageously to 
satellite digital telebroadcasting, for example, as defined in the DVB S (Digital Video 
Broadcasting-satellite) European specification based on the MPEG transmission standards, and 
using for example to convey the information, quadrature digital modulation. The invention also 
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relates in particular to tuners, and also to demodulators and to the actual channel decoding 
processing. 

Description of Related Art 

[3] Television signals originating from a satellite are amplified and converted into a 
predetermined frequency band (typically 950-2150 MHz) by way of a parabolic dish and a low 
noise converter which is located at the focus of the parabolic dish. This signal is then dispatched 
to the input of the tuner of the receiver. The purpose of the tuner is to select the desired channel 
and to output a baseband signal on the in phase path (I path) and on the quadrature path (Q path). 
This signal is then converted into a digital signal and demodulated. The channel decoding 
processing then also comprises a block which distinguishes the zeros from the ones, typically by 
means of majority logic, then performs the entire error correction, that is to say typically a 
Viterbi decoding, deinterlacing, Reed Solomon decoding and deshuffling. The channel decoding 
device outputs packets which are decoded in a conventional manner in a source decoding device 
in accordance with the MPEG standards so as to redeliver at the output the initial audio and 
video signals transmitted via the satellite. 

[4] At the input of the receiver, the signal received is composed of the collection of 
channels which are transmitted for the satellite and are transposed into the 950-2150 MHz 
frequency band. The overall power received is substantially equal to the mean power on a 
channel increased by ten times the Napierian logarithm of the number of channels. This signal 
possesses a considerable variation, of the order of 50 dBm. 

[5] At present, in receivers as a whole, the signal received at the input is normally 
filtered by a wideband type filter (whose passband is of the order of several hundred MHz) 
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placed just after the low noise input amplifier, this being so as to avoid the saturation of the 
subsequent stages of the tuner (especially the controlled gain amplification stages as well as the 
mixers of the frequency transposition stage). 

[6] Furthermore, a first type of solution provides for the low noise amplifier and the 
wideband filters to be made outside the chip containing the controlled gain amplification stage as 
well as the frequency transposition stage. These filters, whose cutoff frequencies can be tailored 
by selecting the desired channel, are then embodied as discrete components such as "varicap" 
diodes. However, such components are of overly large size which is incompatible with a fully 
integrated embodiment of the tuner. 

[7] Moreover, in this type of solution, not only is the tuner not fully integrated, but it 
is made on a semiconductor substrate different from the substrate which supports the digital part 
of the processing, namely the demodulation and the actual channel decoding. Stated otherwise, 
the demodulation and the channel decoding are carried out in a separate component from that 
integrating the tuner. Also, the tuner is generally screened so as to prevent the noise generated 
by the digital part from interfering in the mixing of the signals of the analog part. Thus, in this 
first type of solution, a front end device incorporated into a satellite television signals receiver, 
and capable of performing the tuning, demodulation and channel decoding, comprises several 
separate electronic components made on different chips. 

[8] Another type of solution has been envisaged and is described for example in 
French Patent Application No. 2,804,986. In this second type of solution, a unique "front end" 
electronic component is proposed, that is to say one embodied on a single chip, and integrating a 
radiofrequency tuner, a demodulator and a channel decoder. 
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[9] It is turning out to be beneficial nowadays to be able to simultaneously output 
from the receiver several, that is to say at least two, MPEG data streams, corresponding 
respectively to different channels. 

[10] Now, if the first hardware solution mentioned above is adopted, such a receiver 
would then be composed of several identical elementary receivers, thereby leading to the 
production of a large number of different chips, so as to be able to incorporate the various 
different electronic packaging of each of the elementary receivers. This results in an increase in 
cost and a very considerable surface area. 

[11] If the second solution alluded to hereinabove is adopted, that is to say a unique 
electronic component, embodied on a single chip, it would then be necessary to produce on this 
unique chip, several completely separate tuners, capable of being controlled individually so as to 
select the various desired channels intended to be delivered simultaneously at the output of the 
receiver. However, embodying several completely separate tuners on one and the same chip 
would then lead to problems of coupling between the various voltage-controlled oscillators that 
are intended to generate the various mixing signals. 

[12] Thus, currently, the person skilled in the art, who wishes to produce a receiver of 
satellite digital television signals that is capable of simultaneously delivering several MPEG 
streams corresponding to several different channels, is confronted with a choice between two 
unsatisfactory solutions. Specifically, the first solution leads to the production of several 
different receivers produced on a considerable number of different chips, this being penalizing 
from a surface area and cost point of view. The other solution, more beneficial from a surface 
area point of view, poses technological problems of stray coupling. 
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[13] There exists a need in the art for a solution to the foregoing problem. 

SUMMARY OF THE INVENTION 

[14] The invention proposes the production of a satellite digital television signal 
receiver that is fully integrated onto a single chip and that circumvents the stray coupling 
problems alluded to above. 

[15] In accordance with an embodiment of the invention, an electronic component 
comprises an integrated circuit embodied on a monolithic substrate and incorporating a tuning 
module of the direct sampling type able to receive satellite digital television analog signals 
composed of several channels, as well as several channel decoding digital modules connected at 
the output of the tuning module so as to deliver respectively simultaneously several streams of 
data packets corresponding to several different selected channels. 

[16] Stated otherwise, an embodiment of the invention provides for the use of a tuner 
of the direct sampling type, that is to say one in which frequency transposition and channel 
selection are performed not in analog, but directly in digital, downstream of the analog/digital 
conversion stage. 

[17] Specifically, the use of a direct sampling tuner for the reception of satellite digital 
television signals leads to the performing in the analog/digital conversion stage of an 
oversampling of the signals, that is to say a sampling at a much higher frequency of the working 
frequency customarily used in digital processing. Thus, this oversampling makes it possible to 
obtain not only a resolution of several bits on the set of channels contained in the oversampled 
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signal, but also to extract the desired channel with a multibit resolution, and therefore to be able 
to correctly utilize the information contained in this desired channel. 

[18] It then becomes possible to combine with this direct sampling tuner, several 
channel decoding digital modules associated with the various channels extracted in digital by the 
tuner. 

[19] Furthermore, since the transposition of the signals with the various mixing signals 
corresponding to the various desired channels is performed entirely in digital, the problem of 
stray coupling between voltage-controlled oscillators is consequently circumvented. 

[20] Generally, the channels extend over a predetermined frequency span, and the 
analog signals convey digital information coded by digital modulation. 

[21] Thus, according to one embodiment of the invention, the tuning module 
comprises an analog stage receiving the said analog signals, a multibit, preferably greater than or 
equal to 6 bits, analog/digital conversion stage having a sampling frequency equal to at least 
twice the said frequency span, and several digital devices for transposing frequencies that are 
connected to the analog/digital conversion stage and are able to deliver simultaneously 
respectively several sampled digital signals centered around the zero frequency and 
corresponding respectively to several selected channels. 

[22] Moreover, each channel decoding module comprises a decimator filter followed 
by an additional digital filter for eliminating information of adjacent channels and an error 
correction stage for delivering a stream of data packets corresponding to the information 
conveyed by the channel associated with the sampled digital signal processed by this channel 
decoding module. 
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[23] According to one embodiment of the invention, the decimator filter is a low-pass 
filter whose cutoff frequency is of the order of twice the frequency half-width of a channel. 
Stated otherwise, the aim of this decimator filter is to lower the sampling frequency in such a 
way as to bring it to a value compatible with current digital circuit technologies, and it also 
allows a prefiltering of the signal so as to let through only around two channels, including the 
desired channel. 

[24] Furthermore, the cutoff frequency of the additional digital filter, which is a 
Nyquist filter, is of the order of the frequency half- width of a channel, this additional digital filter 
being intended to eliminate the information of adjacent channels. 

[25] According to one embodiment of the invention, the component comprises a metal 
plate glued to the rear surface of the substrate by a conducting glue, this metal plate being 
intended to be grounded. Thus, the capacitance, of relatively high value, produced between the 
semiconductor substrate and the metal plate, makes it possible to absorb the high-frequency 
current spikes. 

[26] Moreover, it is particularly advantageous for the elements performing a digital 
processing to be disposed in a part of the substrate that is insulated from the remaining part of the 
substrate by a semiconducting barrier having a type of conductivity different from the type of 
conductivity of the substrate. Stated otherwise, a so-called "triple well" technology is used. This 
makes it possible, when the semiconducting barrier is biased by a bias voltage different from that 
supplying the transistors situated in the insulated part of the substrate, to preclude noise on the 
supply voltage of the transistors being transmitted directly via the substrate to the various analog 
components of the receiver. 
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[27] The subject of the invention is also a satellite digital television signals receiver, 
comprising at least one electronic component as defined hereinabove. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[28] A more complete understanding of the method and apparatus of the present 
invention may be acquired by reference to the following Detailed Description when taken in 
conjunction with the accompanying Drawings wherein: 

[29] FIGURE 1 is a diagrammatic schematic of the internal structure of an electronic 
component according to the invention; 

[30] FIGURE 2 illustrates a frequency chart of channels after filtering; 

[31] FIGURE 3 illustrates a frequency chart of channels after filtering; 

[32] FIGURE 4 illustrates a variant embodiment of an electronic component according 
to the invention; and 

[33] FIGURE 5 diagrammatically illustrates a technological embodiment of a 
component according to the invention. 

DETAILED DESCRIPTION OF THE DRAWINGS 

[34] In FIGURE 1, the reference RDS denotes a satellite receiver/decoder ("Set top 
box") connected to a parabolic antenna ANT picking up digital television signals, and intended 
to receive and to decode these signals. This receiver RDS comprises at the front end an 
electronic component CMP intended to receive all the channels CNj present in the signal 
received at the signal input ESO of this component, and to deliver, simultaneously and in 
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parallel, at the outputs BSOl and BS02, two MPEG data streams FM1 and FM2. In FIGURE 1, 
only two outputs have been represented for simplifying purposes. That said, the invention is not 
limited to this number of outputs, but may comprise more than two thereof. 

[35] This component CMP is made entirely in an integrated manner in CMOS 
technology on a monolithic silicon substrate. The integrated circuit will later be encapsulated in 
a conventional manner in a package so as to be bonded, for example by welding, to an electronic 
card. 

[36] The component CMP comprises at the front end a tuning device or "tuner" TZ, 
intended for selecting several desired channels (here two for simplifying reasons) from among all 
the channels CNj present in the signal received at the signal input ESO which is also the input of 
the tuner. This tuner TZ is here a direct sampling tuner according to terminology well known to 
the person skilled in the art. More precisely, the tuner TZ comprises an analog block BAN and a 
digital part formed here essentially of digital transposition devices (mixers) MX1 and MX2. The 
analog part and the digital part are separated by an analog/digital conversion stage CAN. 

[37] The analog block BAN of the tuner TZ comprises at the head end a low noise 
amplifier LNA connected to the signal input ESO. This amplifier LNA is followed by an anti- 
aliasing bandpass filter FAA. The characteristics of this anti-aliasing filter are chosen in such a 
way as to guarantee a frequency bandwidth of the signal delivered by the antenna that is 
compatible with an analog/digital conversion with no spectral aliasing, performed in the stage 
CAN. 

[38] Thus, if the filter FAA is chosen in such a way as to let through the entire useful 
signal band, that is to say the 950 MHz-2150 MHz band, this corresponding to a bandwidth of 
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around L2 GHz, then an analog/digital conversion stage capable of operating at a sampling 
frequency of at least equal to around 2.5 GHz will be chosen. 

[39] In this regard, it will for example be possible to use an analog/digital converter 
operating at 4 GHz with multibit resolution, such as that described in the article by Ken Poulton 
et al., entitled "4GsSample/s 8b ADC in 0.35 fim CMOS," ISSCC 2002/SESSION 10/HIGH- 
SPEED ADCs/10.1. 

[40] Between the anti-aliasing filter FAA and the analog/digital conversion stage is 
disposed, in conventional manner, a controlled-gain amplifier AGC, an example of the gain 
control of which will be detailed hereinbelow. 

[41] The digital part of the tuner TZ here comprises two transposition means MX1- 
MX2, both connected to the output of the analog digital conversion stage CAN. 

[42] The first transposition means MX1 performs a transposition of the digital signal 
emanating from the analog/digital converter CAN, using a digital transposition signal having the 
frequency FC1 corresponding to a first desired channel. Hardware- wise, this transposition is 
performed digitally by conventional multiplications of the signal by sine and cosine functions 
having angular frequencies corresponding to the frequency FC1. Thus, two digital paths 
corresponding to the I and Q paths are obtained at the output of the first transposition means 
MXL On each of the two paths I and Q, the signal is a digital signal sampled at the sampling 
frequency of the analog/digital converter CAN and centered around the zero frequency. 

[43] The digital signal is here oversampled (sampling frequency of several GHz), 
while the sampling frequency after digital filtering is, as will be seen hereinbelow, much lower. 
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[44] FIGURE 2 illustrates for example, and for simplifying purposes, at the output of 
the transposition means MX1, the selected channel CN, and the immediately adjacent channel 
CNj+i. Of course, although in FIGURE 2 the signal represented for simplifying reasons and for 
clarity is analog, it is of course in fact digital, that is to say formed of samples. 

[45] In FIGURE 2, the frequency Fl, equal to 30 MHz, represents the frequency half- 
width of the channel CNj. The person skilled in the art is aware that this frequency half- width in 
fact corresponds to the theoretical frequency half-width of a channel (for example 22.5 MHz) 
multiplied by a coefficient known by the name "roll off, and which is for example equal to 1.35. 

[46] The same operations are performed in the transposition means MX2, with a 
transposition signal at the frequency FC2 corresponding to a second desired channel. 

[47] It is seen therefore that at the output of the transposition means MX1 and MX2, 
all the power of the signal is recovered, that is to say not only the desired channel, but also all the 
other channels. Also, by oversampling the signal in the analog/digital conversion stage, it is 
possible to obtain, at the output of the transposition means, an oversampled signal with a multibit 
resolution, and this will make it possible to be able to extract, while preserving the multibit 
resolution, the desired channel, without losing information. 

[48] Processing means PRM deliver, on command, the digital transposition signals 
having the frequencies FC1 and FC2. Moreover, these digital processing means PRM are also 
able to deliver the control signal for the controlled-gain amplifier AGC. 

[49] In this regard, although several solutions exist for the control of the amplifier 
AGC, it will advantageously be possible to use that described in French Patent Application No. 
2,824,986 in the name of the Applicant. 
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[50] The main characteristics thereof are recalled here. 

[51] In a general manner, the mean overall power of the entire signal received by the 
tuner can be calculated on the basis of any signal available in the analog block of the tuner. That 
said, according to one mode of implementation, the calculation of the mean overall power of the 
entire signal received is performed in the digital block of the tuner, that is to say downstream of 
the analog/digital conversion stage. This calculation of the mean overall power then comprises 
for example a calculation of the modulus of the sampled signal as well as a numerical integration 
over a certain number of samples, typically 2 21 . That said, it would be possible as a variant to 
provide an integrator analog filter in the analog block intended to perform the averaging of the 
analog signal on the basis of which one wishes to calculate the mean overall power. Then, the 
output signal from the filter (voltage), representative of the overall mean power of the signal 
received, would then be sampled in the analog/digital conversion stage. In theory, it would then 
be necessary to use only a single sample to perform the comparison with the reference value. 
However, in practice, this comparison would be performed with a mean value calculated over a 
very limited number of samples, for example 3 or 4. 

[52] More precisely by way of example, the digital signal thereof delivered by the 
analog digital converter is processed in a calculation block of the means PRM which will 
determine the power of this signal by calculating for example the modulus thereof. A simplified 
way of calculating the modulus of the signal in the calculation block is provided by the following 
formula: 

Module (S) = Max (abs (S)) + 1/2 Min (abs (S)) 
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In this formula, Max denotes the maximum value, Min denotes the minimum value and abs 
denotes the absolute value, S the signal delivered by the analog digital converter. 

[53] The output of the calculation block is linked to a subtractor which moreover 
receives on its other input a reference value, stored for example in a register or a memory. This 
reference value corresponds to a maximum desired power at a predetermined location of the 
analog block. 

[54] Each sample delivered by the calculation block is in fact representative of the 
instantaneous power of the signal received at the input of this block. The subtractor in fact 
compares the instantaneous power of each sample with the reference value. These successive 
comparison values are then temporally integrated in an integrator with programmable 
coefficients. 

[55] By way of indication, the integration is performed over a sliding window of 2 21 
samples and the output of the integrator therefore provides the deviation between the overall 
mean power of the entire signal received and the reference value. This being so, it would also be 
possible to perform the integration at the output of the block so as to calculate the mean power of 
the overall signal, then to subtract the reference value from this mean value. The subtractor 
would in this case be placed downstream of the integrator. 

[56] The output from the integrator is then delivered to means for adjusting the gain of 
the block BAN. These adjusting means comprise for example a reference table which is decoded 
by the output of the integrator and which will deliver a digital word whose value will make it 
possible to fix the gain of the amplifier AGC. 
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[57] To the outputs of the two transposition devices MX1 and MX2 are connected 
channel decoding modules DM1 and DM2, comprising conventional demodulation means (not 
represented for simplifying purposes) and capable of performing conventional demodulation 
processing (such as a QPSK or 8PSK demodulation according to terminology well known to the 
person skilled in the art), as well as an error correction stage CRE performing conventional 
Viterbi decoding processing, deinterleaving, Reed-Solomon decoding, deshuffling, so as to 
deliver the packet stream FM which will be decoded in a source decoding block external to the 
component CMP, in accordance with the MPEG standard for example. 

[58] Each channel decoding module also comprises at the head end a decimator digital 
filter FD1, which is a low-pass filter whose cutoff frequency F2 is for example of the order of 40 
MHz, thereby making it possible to let through not only information ICN conveyed by the 
selected channel, but also information ICAD, of so called "adjacent channels", and in practice 
essentially comprising information relating to the channel immediately adjacent to the one 
selected (FIGURE 3). 

[59] Also, the fact of having oversampled the signal in the analog/digital converter 
makes it possible, at the output of the decimator filter, to obtain a filtered signal sampled at a 
much lower frequency, for example of the order of 150 MHz, but still with a resolution of 
several bits. 

[60] Each module DMi also comprises correction means ("derotator"), not represented 
here for simplifying purposes, and able to correct the frequency drift. Such means of 
"derotation" may for example be those described in European Patent Application No. 0,481,543. 
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[61] The decimator filter FD1 is supplemented with a Nyquist filter effected in a 
digital filter FN1, whose cutoff frequency is equal to the frequency half- width of the desired 
channel. The filter FN1 consequently supplements the filtering performed by the decimator filter 
and eliminates the information of adjacent channels. 

[62] The error correction stage CRE1 then performs the conventional error correction 
processing well known to the person skilled in the art, by the name "FEC" (Forward Error 
Correction). 

[63] Two MPEG data streams corresponding to the two selected channels are therefore 
obtained simultaneously on the two outputs BSOl and BS02 of the component CMP. 

[64] The embodiment illustrated in FIGURE 4, makes it possible to relax the 
constraints on the analog digital conversion stage. More precisely, in certain applications the use 
is envisaged of only analog/digital converters operating for example at 2 GHz, for example those 
described in the article by Xicheng Jiang et aL, entitled "2GS/s 6b ADC in 0.18 jmi CMOS," 
ISSCC 2003/SESSION 18/NYQUIST A/D CONVERTERS/PAPER 18.3, it is then necessary to 
subdivide the analog block BAN into, for example, two analog blocks BAN1 and BAN2, both 
linked to the signal input ESO, but which differ from one another by their anti-aliasing filter. 

[65] More precisely, it will be possible to choose for example for the filter FAA1, a 
bandpass filter making it possible to select channels lying between around 950 MHz and 1.5 
GHz, and for the filter FAA2, a filter making it possible to select the channels between 1.5 GHz 
and 2.15 GHz. 

[66] These two bandwidths are thus compatible with the 2 GHz sampling frequency 
used in the analog/digital converters CAN1 and CAN2. 

15 

DALLAS2 1028072vl 61 170-00029USPX 



CUSTOMER NO. 23932 PATENT APPLICATION 

Docket #61170-29USPX 

[67] The two transposition devices MX1 and MX2 are then advantageously linked to 
the outputs of the two analog/digital converters CAN1 and CAN2 by a switching system SW 
controlled by the processing means PRM. 

[68] Thus, if the two desired channels corresponding to the two streams FM1 and FM2 
are situated respectively in the passband of the filter FAA1 and in the passband of the filter 
FAA2, then the two transposition devices MX1 and MX2 will actually be connected to the two 
analog/digital converters CAN1 and CAN2. 

[69] On the other hand, if the two channels are situated in the passband of the filter 
FAA1, for example, the switching device SW will be configured, in such a way that the two 
frequency transposition devices MX1 and MX2 are both linked to the output of the analog digital 
converter CAN1. 

[70] Likewise, if the two desired channels are situated in the passband of the filter 
FAA2, the switching system SW will be configured in such a way that the two transposition 
devices MX1 and MX2 are linked to the output of the analog/digital converter CAN2. 

[71] Technologically, the component CMP according to the invention is embodied, for 
example in 0.18 urn CMOS technology, on a monolithic substrate SB made of silicon, for 
example of P" type (FIGURE 5). 

[72] To absorb the high-frequency current spikes, it is preferable to glue a metal plate 
PL onto the rear face of the substrate SB by means of a conventional conducting glue CL. This 
metal plate is intended to be grounded. The fine layer of oxide which forms naturally on the 
silicon of the substrate forms the dielectric of a capacitor whose two electrodes are formed 
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respectively by the substrate SB and the metal plate PL. This capacitor, whose capacitance is 
relatively large, thus makes it possible to absorb the high-frequency current spikes. 

[73] Moreover, the digital part of the component CMP, that is to say in this instance 
the digital block BNM are made in a region ZN of the substrate which is insulated from the 
remainder of the substrate (in which region the analog part BAN of the component is made) by 
an N~ doped semiconducting barrier formed here of a buried layer CHI and two wells PT1 and 
PT2. 

[74] Moreover, the PMOS transistors of the digital part are made within an N" well 
which comes into contact with the buried layer CH 1 . 

[75] Also, in order to prevent the noise in the supply voltage Vdd from being 
transmitted via the N" wells to the analog part, so that it directly disturbs in particular the anti- 
aliasing filtering or else the amplifier LNA, it is advantageous to bias all the N" wells with a bias 
voltage different from that supplying the transistors situated in this insulated region ZN of the 
substrate. 

[76] Although preferred embodiments of the method and apparatus of the present 
invention have been illustrated in the accompanying Drawings and described in the foregoing 
Detailed Description, it will be understood that the invention is not limited to the embodiments 
disclosed, but is capable of numerous rearrangements, modifications and substitutions without 
departing from the spirit of the invention as set forth and defined by the following claims. 
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